02) 



Europaisches Patentamt 
European Patent Office 
Office europ6en des brevets 





@ Publication number : 0 550 275 A2 



EUROPEAN PATENT APPLICATION 



fc3 



@) Application number: 92311853.3 
<§) Date of filing : 30.12.92 



® Int CI. 6 : H04Q 11/04, H04M 3/50 



(So) Priority: 31.12.91 US 815205 -j 



@ Date of publication of application 'i 
07.07.93 Bulletin 93/27 

© Designated Contracting States : 
CH DE FR GB U 

(ft) Applicant: DICTAPHONE CORPORATION 
3191 Broadbridge Avenue 
Stratford, CT 06497 (US) 



@ Inventor : Daly, Daniel F. 
194 Barn HUI Road 
Monroe, CT 06468 (US) 
Inventor : Dwyer, John J. 
224 Freeman Avenue 
Stratford, CT 06497 (US) 

@ Representative : Cook, Anthony John et id 
D. YOUNG & CO. 10, Staple Inn 
London, WC1V 7RD (GB) 



CM 
O 

m 
m 



(3) Audio circuit board for a modular digital voice processing system. 



@ An audio card (18) for digital voice processing 
system wherein voice processing functions are 
run In software. The audio card includes a time 
division multiplexer (TDM) chip (46) that com- 
municates with a TDM bus (16), a processor (48) 
connected to the TDM chip and an Interface 
(50). The audio card has ports (20) that are In 
communication with telephone lines (22) 
through which different modes of operation are 
achievable. 
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Digital voice processing systems are known that 
are in communication with telephone systems and 
perform functions such as voice signal compression, 
data storage and retrieval, automatic gain control, 
voice activated operation, telephone functions and 5 
the like. These functions previously had been per- 
formed In hardware which is costly and inflexible. In 
addition, expansion of prior art voice processing sys- 
tems was difficult because of the need for additional 
hardware, not only because of the expense assoclat- 10 
ed therewith, but also because of the geography fac- 
tor I.e. a larger footprint was required. 

With the ever increasing change in technology, 
particularly software, it would be advantageous to be 
able to provide advanced software for a voice proo 15 
essing system so that the system can be quickly, con- 
veniently and inexpensively expanded. In addition, it 
would be advantageous to provide a digital voice 
processing system which is capable of handling a 
large quantity of incoming data and that which is ca- 20 
pable of being expanded. To achieve the above goals, 
it is necessary to provide a physical interface for in- 
coming voice signals and processing them so that 
subsequent signal and application processes can 
take place. 25 

A modular digital voice processing system has 
been conceived and developed wherein voice proc- 
essing functions are run in software. This allows a 
modular structure whereby units can be readily added 
or removed so thatthe number of components can be 30 
increased readily for greater capacity. A host comput- 
er is in communication with one or more applications 
circuit boards, referred to hereafter as application 
cards, that perform both application processing and 
digital voice and telephone processing. The voice ap- 35 
plication cards are in communication with audio circuit 
boards, hereinafter referred to as audio cards, 
through a time division multiplexer (TDM) bus. Each 
audio card, which is the subject of the instant inven- 
tion, includes an analogue unit that converts analo- 40 
gue signals from telephones, dictation machines and 
the like, to digital signals which aire received by a sig- 
nal processing chip that is used as a high speed mul- 
tiplexer. The signal processing chip transmits data to 
a time division multiplexer (TDM) chip which then 45 
sends the data onto the TDM bus. The data is subse- 
quently received by the voice processing card. The 
voice processing card performs application process- 
ing such signal compression, automatic gain control, 
voice activate operation and the like. Subsequent to so 
the application processing taking place, data Is for- 
warded from the voice processing card to the host 
computer for further processing and storage. Upon 
completion of the particular operation, the voice proc- 
essing system wfll send a signal to the audio card to 55 
terminate the operation until retrieval is required. 

The invention wDl be better understood from the 
following non-limiting description of an example 



thereof given with reference to the accompanying 

drawings in which:- 

Fig. 1 is a block diagram of a system in which a 
circuit according to an embodiment of the inven- 
tion can be employed; 

Fig. 2 is a plan view of the system shown in Fig. 
1; 

Fig. 3 is a block diagram showing details of the 
circuit (audio card) shown In Fig. 1; and 
Fig. 4 is a block diagram of one of the audio ports 
shown in Fig. 3. 

With reference to FIG 1, a digital voice process- 
ing system is shown generally at 10 in which a circuit 
(audio card) according to the invention could be used. 
The voice processing system has a host computer 1 2, 
a main card 14, also referred to as the voice process- 
ing card 14, and a bus 16 that connects the voice 
processing card to a plurality of audio cards 18a, 
18b...18n. Each audio card 18a, 18b...18n has a plur- 
ality of ports 20 through which communication can be 
had with a plurality of devices, such as direct connect 
and loop start telephones 22a, 22b...22n, through tel- 
ephone tines 23. Functions such as telephone com- 
munication, dictation, answering machines and the 
tike can be performed by the system 10. 

The host computer 12 can be any of a number of 
commercially available computers such as an IEEE 
996 Standard PC/AT which includes a host processor 
24, which is in communication with a disk storage 26 
and a memory 28. The processor 24 Is also in com- 
munication with a bus interface 30. The disk storage 
26 acts as a storage medium for storing prompts, op- 
erating data, base directory information and other 
digital data. The disk storage also provides data stor- 
age capacity when the other memories of the system 
10 have their capacity exceeded. Prompts are record- 
ed messages, instructions and menus that are forthe 
purpose of assisting a caller in the use of the voice 
processing system 10. The memory 28 is a volatile 
memory which receives the operating code from the 
disk storage on start up. The memory 28 will run 
code, store system information and diagnostics infor- 
mation and also serves as a buffer. The bus Interface 
30 provides communication between the processor 
24 and the voice processing card 14 through the bus 
16. 

The voice processing card 14 has essentially two 
independent circuits therein which will be described 
simultaneously. Each circuit has a PC interface (PCI) 
chip 40a, 40b to which a RAM 42a, 42b, respectively, 
is connected for temporary storage of data and stor- 
age of the operating code for the voice processing 
card. Each interface 40a, 40b is in communication 
with an application processor 38a, 38b, respectively, 
such as an Intel 80C 186. The application processors 
38a, 38b run the application programming and data- 
base management Each application processors 38a, 
38b is in communication with and controls a pair of 
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signal processors 36a and 36b and 36c and 36d, re- 
spectively, which may be TMS 320/C/25 chips from 
Texas Instruments. Each chip 36a - 36d is in commu- 
nication with a time division multiplexer chip 44 which 
is in communication with the bus 16. The signal proc- 
essors 36a - 36d perform digital signal processing 
such as control, Information decoding, telephone 
processing and tone generation. 

Each audio card 18 is in communication with the 
bus 16 and includes a time division multiplexer (TDM) 
chip 46 which is essentially identical to the TDM chip 
44 of the main card 14 except that it has fewer com- 
ponents because it only communicates with one proc- 
essor, an audio processor 48. Details of the TDM 44, 
46 are shown and described In concurrently filed Eu- 
ropean patent application No. (USSN 816404) and 
entitled Time Division Multiplexer Chip and Process 
Thereof which is Incorporated herein by reference. 
The audio processor 48 Is a high speed processor, 
such as a TMS 320/C10 available from Texas Instru- 
ments, and is in communication with an analogue in- 
terface 50 which interfaces through the ports 20 with 
a plurality of direct connect and loop start telephones 
22a, 22b... 22n, through telephone tines 23. The ana- 
logue interface can also communicate with public 
switch networks, public broadcasting exchange, PBX 
and the like. 

With reference to FIG 2, the architecture of the 
digital voice processing system 10 is shown in plan 
view. The system 10 includes a housing 52 having a 
base 54 to which the main boards 14 and audio cards 
1 8 are physically attached in pairs without necessarily 
being logically connected so that the cards can be 
logically intermixed with one another. More specifi- 
cally, and by way of example, the voice processing 
card 14b can be physically connected to the audio 
card 18b hut logically connected Id the audio card 
f\ 8a In FIG 2, the system 10 is shown having eight 
main cards 14a-14h and audio cards 18a-18h, but 
some of the voice processing cards 14 could be re- 
placed with dummy cards 14 that only provide the 
physical support and electrical connections to t he au- 
| db cards 14. Also included is a sixteen port audio card 
56, a clock buffer 58, a local area network (LAN) card 
60, the host computer 12, a disk drive 62 and the disk 
^storage 26. The 16 port audio card can be added to 
expand the capacity of the system and its structure 
will be similar to the audio card 18a-18n shown in FIG 
1 . The 1 6 port audio card 58 is supported by a dummy 
card 57. The audio cards 14a-14b, 56 are connected 
to the host computer 12 through a bus 41. 

With reference to FIG 3, the audio card 18 will be 
described in greater detail. Each audio card 18 is 
physically mounted to a voice processing card 14 
such that the combined unit occupies only one slot in 
the base 54. Each audio card 18 obtains its operating 
power and interfaces with its associated voice proc- 
essing card 14 through the time division multiplexed 



bus 1 6. In this respect the audio card 14 is not a stand 
alone card but requires either a voice processing card 
14 or a dummy board 57 that will provide the neces- 
sary electrical connections and physical support. As 
5 seen in FIG 1, each voice processing card can logi- 
cally communicate with any audio card 18a- 18n in the 
system 10 and is not confined to communication with 
the audio card to which it Is attached. 

Each audio card 18 has four separate ports 20 
10 which Interface with an analog telephone network or 
to a private wire network (PWN). Each port 20a-20d 
of the audio card 18 can be individually set to a tele- 
phone or PWN interface. The analog voice from these 
sources is transformed into digital information (and 
15 back) via individual CODECS on each port 20. The 
digital information from each port 20, along with other 
board functions, is controlled by the audio processor 
4a The audio processor 48 also communicates with 
the host computer 12 and clock buffer 58 via an in- 
20 put/output port 64 which Is connected to a buffer 66 
which in turn is connected to the bus 41. The audio 
processor 48 is connected to the TDM bus 16 via an 
on-board TDM chip 46. The digital voice information 
along with control/status is interchanged between a 
25 voice processing card 1 4 and an audio card (not nec- 
essarily the one the audio card is mounted to) via the 
TDM bus 1 6. The PC bus 41 is used for receiving con- 
trol information and for handling diagnostics. 

The details of the ports 20 are shown in FIG 4. A 
30 regulator 70 is connected to a telephone line 23, an 
optical switch, 74 and a hook switch and ring detector 
76 which is in communication with another optical 
switch 72. The regulator 70 is also in communication 
with a hybrid 76. the optical switch 72 receives a 24 
35 volt supply from a battery (not shown) and the optical 
switch 74 is ground to 24 volts. The optical switch 74 
and hook switch and ring detector 76 are in commu- 
nication with a control latch 78. The hybrid 76 is also 
in communication with a DTMF (dual tone multi-fre- 
40 quency) detector 80 and a CODEC 82. The DTMF de- 
tector 80 and the hook switch and ring detector 76 are 
in communication with a tri-state status buffer 84. The 
status buffer 84, the CODEC 82 and the latch 78 are 
in communication with the audio processor 48. 
45 in operation, the interface 50 of the audio card 18 

Is divided into four separate ports 20a-20d with ana- 
log/digital circuitry that connect to a common digital 
section. Each port 20 can be configured for a loop- 
start telephone interface, for access to a PWN (pri- 
50 vate wire network) or with a PBX interface through 
optical switches 72, 74. Each port 20 is thus set for a 
dedicated mode of operation. The modes are enabled 
by setting each of t he optical switches 72, 74. The au- 
dio card 14 can operate in a ground start environment 
55 from a PBX through the optical switch 74 being open 
and the optical switch 72 being closed. 

In a loopstart application, both the switches 72, 
74 are open and the PBX, or central office, supplies 
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the battery voltage for generating loop current. The 
regulator 70 provides an optical hook switch for line 
seizure and bidirectional optical switch for ring/loop 
current detection. 

In an analog private wire situation, the audio cir- 
cuit board 18 provides the battery voltage to the sys- 
tem terminals. In this mode, both optical switches 72, 
74 are closed. The hook switch and ring detector 
senses a terminal seizing the line via a loop current 
detector of the hybrid 76 and can pulse ring the ter- 
minal by opening the optical switch 72 which is con- 
nected to the plus side of the 24 volt battery supply 
and closing the hookswitch and ring detector 76. 
Thereafter, it will open the hookswitch and detector 
76 and close the optical switch 72. 

In a ground start mode, the telephone line 23 is 
attached to a trunk card of a PBX. The optical switch 
72 is attached to the plus lead of the battery supply 
and is closed and the other optical switch 74 Is open. 
In this manner, loop current can be detected and then 
the second optical switch 74 is closed in response to 
the PBX. 

The ports 20a - 20d provide the following func- 
tions and capabilities: 

Assures proper impedance matching via the hy- 
brid 76 to the telephone network. 

The hybrid 76 assures that the proper signal lev- 
els are presented to the network and that the signals 
received from the network are correctly conditioned 
before reaching the CODEC. 

The DTMF detector monitors the in coming sig- 
nals to extract DTMF information and decode it The 
DTMF receiver outputs the DTMF information as four 
bit parallel data along with DTMF qualifying signals. 

The hybrid 76 detects incoming ring signals and 
provides a digital signal reflective of the duration and 
cadence of the ring. 

The regulator 70 and hybrid coordinate to detect 
any absence or presence of loop current and regu- 
lates the loop current and seize voltage. 

The hybrid 76 controls the optical switches 72, 74 
to configure the port for a particular externa! Inter- 
face. 

The hybrid 76 provides an optical switch fordoing 
on-hook/off -hook and ring/loop current detection. 

The hybrid 76 a 6db pad (software controliedjfor 
signal attenuation when in a private wire Interface 
mode. 

The hybrid 76 provides a digitally controlled pot 
for balancing trans hybrid gain which is also under 
software control to enable the gain to be increased for 
better resolution of the pot adjustment 

The CODEC 82 used in the audio card 18 con- 
verts audio into 8 bit parallel ulaw pern (pulse code 
modulation which could be voice signals) data. The 
pem data is read from the CODEC by the audio proc- 
essor 48. Conversely, the voice data is written to the 
CODEC 48 in the same manner. The CODEC sam- 



pling rate is a frame of 125 usee (8khz) and the audio 
processor 48 reads and writes each CODEC once 
during each frame. The CODEC 82 can be accessed 
virtually at any time during each frame. The CODEC 
5 82 can be programmed for various clocks and oper- 
ating modes by enabling the program input and writ- 
ing command on the parallel input 

Associated with the CODEC 82 is a tri-state sta- 
tus buffer 84 and a tri-state fatch 78. The buffer 84 
10 monitors the status of the hook switch and ring detec- 
tor 76 and the DTMF detector 80. The buffer 84 out- 
puts are attached to the audio processor 48. When 
the audio processor 48 reads the data from the bus 
1 6, it also reads in the port status from the status buf- 
fs fer 84. The control latch 78 inputs are attached to the 
audio processor 48 and when the audio processor 48 
writes voice data to the CODEC, it also writes a com- 
mand byte to the control latch 78. The outputs of the 
control latch 78 are connected to the hook switch and 
20 ring detector 76 and the optical switch 74 to control 
the operation of the port 

Thus what has been shown and described is an 
audio circuit board that has particular utility in a digital 
voice processing system wherein components, soft- 
25 ware, and applications can be readily changed with- 
out the need of replacing hardware. 



Claims 

30 

1. A circuit having use in a digital voice processing 
system, comprising: 

a) a support (e.g. 18a); 

b) a time division multiplexer chip (46) having 
35 means for communication with a bus (16) at 

least partly supported by said support; 

c) a processor (48) in communication with 
said time division multiplexer chip and at least 
partly supported by said support; and 

40 d) an interface (50) at least partly supported 

by said support and in communication with 
said processor for receiving and sending ana- 
log signal to and from units external to said 
support 

45 

2. The circuit of claim 1 wherein said interface has 
a plurality of ports (20) each of said ports com- 
prising at least one switch in communication with 
a telephone line, a regulator in communication 

so with said at least one switch, a hybrid in commu- 
nication with said regulator, and a CODEC in 
communication with said hybrid. 

3. The circuit of claim 2 further comprising a DTMF 
55 detector in communication with said hybrid and a 

status buffer in communication with said at least 
one switch and said CODEC. 
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4. The circuit of claim 3 furt her comprising a second 
switch for communication with a telephone line 
and a control latch in communication with said 
second switch. 

5 

5. The circuit of claim 4 wherein said at least one 
switch is a switch hook and ring detector. 

6. An audio circuit having use in a digital voice proc- 
essing system, comprising: 10 

a) a time division multiplexor chip (46) having 
means for communication with a bus, 

b) a processor (48) in communication with 
said time division multiplexer chip, and 

c) a plurality of ports (20) in communication 15 
with said processor for receiving and sending 
analog signal to and from units external to the 
circuit board and for digitizing Incoming audio 
signals and dedigitizing outgoing signals. 

20 

7. The circuit of Claim 6 wherein each of said ports 
comprises a switch in communication with a tel- 
ephone line, a regulator in communication with 
said switch, a hybrid in communication with said 
regulator, and a CODEC in communication with 25 
said hybrid and with said processor. 



8. The circuit of Claim 7 wherein said switch is a 
hook switch and ring detector. 

30 

9. The circuit of Claim 8 furt her comprising a DTMF 
detector in communication with said hybrid and a 
status buffer in communication with said hook 
switch and ring detector and said hybrid. 

35 

1 0. The circuit of Claim 9 further comprising a second 
switch for communication with a telephone line 
and a control latch in communication with said 
second switch and said hook switch and ring de- 
tector. 40 



11. The circuit of Claim 10 further comprising a third 
switch in communication with said hood switch 
and ring detector and having means for commu- 
nicating with a telephone line. 45 

12. The circuit of Claim 11 wherein said second 
switch is connected to ground and further com- 
prising a source of electrical energy connected to 
said second switch. so 
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